Human listeners were asked to locate six sound sources separated by 15o in the right quarter field. Sound sources were located in a sounddeadened room (reverberation time < 90 ms) at the height of the listener's pinna 1.67 meters from the listener. In Experiment 1, eight, 200-ms pure tones covering the frequency range from 250 to 7011 Hz were presented. In Experiment 2, 200-ms noise bursts with different bandwidths (1/6, 1/3/, 1, and 2 octaves) at three center frequencies (250, 2000, and 4000 Hz) were presented. In Experiment 3, 200-ms, 4000-Hz tones were presented with transposed envelopes with rates of 50, 100, 150, and 250 Hz. Several indicators of sound source localization performance were measured including root-mean-square (rms) error in degrees. RMS error decreased with increasing bandwidth from approximately 20 degrees for pure tones to approximately 6 degrees for 2-octave wide noises. RMS error depended on center frequency much more for narrow bandwidths than for broader bandwidths. RMS error decreased slightly from 50-Hz rate of modulation to 250-Hz rate of modulation. The data suggest that stimulus bandwidth is the primary variable effecting sound source localization performance in the free-field.
INTRODUCTION
A sound's waveform appears to have a significant effect on the accuracy with which human listeners can localize the source of the sound. For instance, sound source localization errors are much greater for long-duration pure tones than they are for wideband noise (Blauert, 1997) . And, lateralization studies in which sounds are presented over headphones suggest that for high-frequency sounds the envelope of the sound influences interaural time discrimination thresholds and by inference the accuracy of lateralizing the sound or localizing a sound source (Bernstein and Trahiotis, 2002) . As the rate of modulation varies, so does the bandwidth of the sound. Thus, bandwidth and envelope almost always covary. The purpose of the present set of studies was to investigate sound source localization in the azimuth plane in the free-field as a function of stimulus bandwidth for noise stimuli and envelope rate for a high-frequency, pure-tone carrier.
EXPERIMENT I
Eight listeners with normal hearing indicated the location of one of six loudspeakers in the right azimuthal quarter field. The loudspeakers (Boston Acoustics 100x) that presented sound were spaced at 15 o increments from in front (0 o ) to the side (75 o ), and 1.67 m from the listener at the height of the listener's pinna. The listener could indicate that the sound came from one of eight loudspeakers (from -15 o to 90 o ), but were not told that sound would only come from six of the loudspeakers. Eight, 500-ms long tones shaped with 50-ms cosine-squared rise-decay times were randomly mixed within a block of trials along with a random presentation of the six loudspeaker locations. The tonal frequencies spaced on a ratio scale were: 250, 403, 649, 1044, 1680, 2705, 4355, 7011 Hz. The 12' by 15' foot room was lined on all six surfaces with 4-inch acoustic foam. Ambient noise level was 32 dBA and wideband reverberation time (RT 60 ) was 95 ms. Sounds were presented from a 12-channel DA system (Echo Gina 12) at 44,100 samples per second per channel. The level of the tones measured at the position of the listener's head was 35 dB HL. Listeners were instructed to face forward for all stimulus presentations and video monitoring of the listeners insured that these instructions were followed.
The sound source localization data for the pure-tones were tabulated based on 20 twenty observations per listener and per tonal frequency-loudspeaker location condition as root-mean-square (rms) error in degrees and the mean data plus/minus one-standard deviation are shown in Fig. 1 . The gray bar centered at about 6 o of rms error indicates the mean rms error plus/minus one-standard deviation from a study in which 45 normal-hearing listeners localized wide-band noise sources in this same acoustic space (under review at J. Acoust. Soc. Am.). All three filtered noises (125-500 Hz; 1500-6000 Hz, and 125-6000 Hz) used in that study produced statistically identical mean rms errors of 6.2 o .
FIGURE 1. Mean (12 listeners) rms error in degrees and plus/minus one-standard deviation rms error in degrees as a function of tonal frequency. The gray bar at the bottom of the figure represents the mean rms error in degrees plus/minus onestandard deviation error in degrees from an experiment in which 45 normal-hearing listeners located wideband noise sound sources.
The data show that sound source localization errors are much higher for pure tones than for wideband noise suggesting a strong effect of stimulus bandwidth on sound source localization accuracy. Performance for pure tones is best for low frequencies (<1044 Hz), worse for frequencies between 1680 and 4335 Hz, and intermediate thresholds were obtained at and above 4335 Hz. These data are consistent with those in the literature (e.g., Blauert, 1997; Stevens and Newman, 1936) . There was considerably more inter-listener variability for the pure tones as compared to the wideband noises. Experiment II investigated sound source localization performance for different noise bandwidths to better describe the effect of stimulus bandwidth on localization performance.
EXPERIMENT II
Twelve listeners with normal hearing indicated the loudspeaker locations using the same listening conditions as described for Experiment I. The stimuli were filtered noises (1/6, 1/3, 1, and 2 octaves wide) centered at 250, 2000, and 4000 Hz. In this experiment the stimuli were 200-ms in duration, temporally shaped with 20-ms cosine-square rise-fall times and presented at an overall level of 60 dBA. The twelve stimulus conditions and six loudspeaker locations were randomly mixed within a block of trials.
The sound source localization data are shown in Fig. 2 as mean (12 listeners) rms error in degrees and plus/minus one standard deviation rms error in degrees as a function of stimulus bandwidth and center frequency. The data were based on 20 observations per listener and per the twelve stimulus conditions (four bandwidths by three center frequency) and the six loudspeaker locations. The data labeled 'Tone' at the left indicate the interpolated pure-tone rms errors from Experiment I at 250, 2000, and 4000 Hz (see Fig. 1 ). The data point labeled 'WB Noise' at the right is from the study cited in Experiment I involving 45 normal hearing listeners localizing the source of wideband noises (2 or more octaves wide) in which the mean rms error was 6.2 o .
FIGURE 2. Mean (12 listeners) rms error in degrees and plus/minus one-standard deviation rms error in degrees as a function of noise bandwidth (1/6, 1/3, 1, and 2 octaves) and center frequency (CF; shown as the three curves). The data labeled 'Tone' at the left indicate the interpolated pure-tone rms errors from Experiment I at 250, 2000, and 4000 Hz. The data point labeled 'WB Noise' at the right are from the study cited in Experiment I involving 45 normal hearing listeners.
The data in Experiment II clearly indicate that sound source localization accuracy depends on stimulus bandwidth and for narrow bandwidths on center frequency. As the bandwidth becomes more narrow, performance becomes worse with performance at low frequencies (<~1000 Hz) being the best, followed by performance at highfrequencies (>~4000 Hz), and performance in a mid-frequency range (~1000 to ~4000 Hz) is the worse. By inference these data suggest that for narrow-band stimuli interaural time difference (ITD), which is the primary cue for low-frequency sound source localization, provides the best performance. Interaural level differences (ILD), which are the primary cues for high frequencies, lead to somewhat poorer performance than that provided by ITD cues. And, performance is worse in spectral regions where neither ITD nor ILD cues provide maximum information (mid-frequencies). This is consistent with the Duplex Theory of Localization (see Blauret, 1997) . For bandwidths an octave or more wide it appears as if sound source localization accuracy is the most acute and independent on whether ITD, ILD, or both cues are being used.
The mean envelope rate of a narrowband noise becomes lower in frequency and more noticeable as the bandwidth decreases. Thus, it is possible that 1/6 th octave noise has an envelope that might be binaurally processed based on ITD cues as has been shown for lateralization of an amplitude-modulated high-frequency tone (see Bernstein and Trahiotis, 2002) . However, the data of Fig. 2 envelope ITD processing in that in lateralization studies ITD thresholds increase with increasing rates of amplitude modulation of a high-frequency tone. In the present experiment as bandwidth increases envelope rate would increase, yet the data of Fig. 2 show that sound source localization performance becomes better not worse. However, most of the research suggesting envelope ITD processing at high-carrier frequencies has been done with tonal carriers not with filtered noises. Thus, Experiment III was conducted to measure sound source localization performance for a 4000-Hz carrier tone, amplitude modulated with a 'transposed stimulus' as it has been shown that transposed stimuli produce the most robust evidence for envelope ITD processing (Bernstein and Trahiotis, 2002) .
EXPERIMENT III
Twelve listeners with normal hearing indicated the loudspeaker locations using the same listening conditions as described for Experiment I. The stimuli were 500-ms, 4000-Hz tones amplitude modulated with a transposed envelope (the envelope was the half-wave rectified version of a sinwave, Bernstein and Trahiotis, 2002) . The depth of modulation was 100%, the rates of modulation were: unmodulated, 20 Hz, 50 Hz, 150 Hz, and 300 Hz, there was a 20-ms raised-cosine rise-fall time, and overall level was 60 dB SPL. Envelope rate and loudspeaker location were randomized within a block of trials.
The sound source localization data are shown in Fig. 3 as mean (12 listeners) rms error in degrees and plus/minus one standard deviation rms error in degrees as a function of envelope rate. The gray bar at the bottom of the figure is an indication of best sound source localization performance as measured for a broadband noise (see Figs. 1 & 2) . The data were based on 20 observations per listener and per the four modulation-rate conditions and the six loudspeaker locations. The data of Fig. 3 suggest that there is a small decline of about 5 o in rms error as envelope rate increases from unmodulated to 300-Hz rate of modulation or slightly less than 4 o as envelope rate increases from 20 to 300 Hz. The increase in envelope rate also leads to an increase in bandwidth. However, the bandwidth of the transposed modulated, 4000-Hz tone is narrow even at a 300-Hz rate of modulation. Given the data in Fig. 2 , the maximum decrease in rms error in degrees that could be attributed to increasing bandwidth as envelope rate increased in Experiment III is 2 o . Thus, it appears that modulating a 4000-Hz tone has a small effect on sound source localization accuracy in the azimuth plane in the free field above that which is attributable to bandwidth. However, unlike for the lateralization of amplitude modulated high-frequency tones, sound-source localization performance continues to improve with increasing envelope rate, whereas lateralization performance is extremely poor (in some cases not even measurable) at a envelope rate of 300 Hz. It is highly likely that sound-source localization performance would continue to improve as envelope rate increased above 300 Hz, as such increases would broaden the spectrum of the sound. Thus, while providing an envelope to a high-frequency tone may improve sound source localization accuracy somewhat, the width of a sound's spectrum appears to be the major variable affecting sound source localization performance for azimuthal judgments in the free field. 
CONCULSIONS
Stimulus bandwidth is a major variable affecting sound source localization performance in the azimuth plane in the free field, both in terms of sound source localization accuracy and in terms of how different spectral regions and by inference different interaural cues (ITD and ILD cues) affect sound source localization accuracy. Providing amplitude modulation, at least for a high-frequency tone appears to have a small effect on sound source localization performance above that that may be attributable to stimulus bandwidth. In lateralization studies providing an amplitude modulated envelope arguably provides an opportunity for listeners to use envelope-ITD cues to lateralize amplitude-modulated sounds. It is possible that the ability to use envelope-ITD cues is also the reason why there is a small effect of amplitude modulation measured in the free field.
In lateralization studies the conditions can be arranged so that there are no ILD cues for high-frequency signals, so any ability to lateralize such stimuli when there are envelope cues is arguably attributable to either slowly changing ILD cues and/or envelope ITD cues. In the free field with normal hearing listeners in unaided conditions it is essentially impossible to eliminate ILD cues at high frequencies. Thus, in the free field listeners will almost always have the ability to use ILD cues at high frequencies to localize sound sources. Thus, any cues for sound source localization based on the envelope would be in addition to those provided by the ILD cues. So it would be highly unlikely that providing an envelope to a wideband noise would improve sound source localization accuracy since performance is already very good for unmodulated, wideband noises. Thus, in the free field envelope cues probably play only a minor role in sound source localization and when they do it is probably only for very narrowband, high-frequency stimuli. A similar conclusion was reached by Eberle et al (2000) . This present study supports and extends the findings of Eberle et al (2000) that stimulus bandwidth and not envelope is the primary variable affecting sound source localization in the free field, especially for broad bandwidth stimuli.
Based on the data of these studies, why is it that sound source localization accuracy is best for wideband stimuli? In some cases it might be because such wideband stimuli contain both ITD and ILD cues, but when the stimulus bandwidth is at least one octave wide, and certainly when it is two octaves wide, sound source localization performance does not vary based on the noise's center frequency (i.e., the spectral region containing the wideband noise is not a variable affecting sound source localization performance, and thus performance is probably not dependent on any particular type of interaural difference). The improvement in sound source localization accuracy is greater as bandwidth increases for mid-and high-frequency stimuli than for low-frequency stimuli, perhaps because sound source localization of low-frequency stimuli is pretty good even for a pure-tone (i.e., there is not much room for improvement if the bandwidth of a low-frequency sound increases beyond that of a pure tone).
An often overlooked fact of acoustics is that in most cases a single ILD value cannot indicate the azimuth location of a sound source (see Kuhn, 1897; and Macaulay and Hartmann, 2010 for chapters/articles which address the issue of the ambiguity of a single ILD value). First, ILD cues are almost entirely due to head shadow, which is frequency dependent. So, a particular ILD value could be produced by several different azimuth source locations depending on the sound's frequency. Second, ILD does not monotonically increase as the azimuth location of a source changes from in front (0 o ) to the side (90 o ). The existence of the 'bright spot' places the largest ILD in the azimuth region of 45-67 o depending on frequency, assuming a far-field plane wave, and depending on assumptions about the geometry of the head (see Macaulay and Hartmann, 2010) . Thus, there is an 'inverted U-shape' relationship between ILD and azimuth location, where the amount of ILD as a function of azimuth change is frequency dependent. This means that even at one frequency, more than one azimuthal location can produce the same ILD, especially at high frequencies (>~1000 Hz). Thus, in order to use ILD as a cue for indicating azimuth sound source location, the interaction among ILD, frequency, and azimuth needs to be known. Perhaps, a broad spectrum provides the central auditory system some of the information it needs to access ILD values across frequency in order to calculate the frequency-ILD interaction in determining the azimuth source location of mid-to high-frequency sounds. The broader the spectrum the more information the spatial auditory system might have about the frequency-ILD interaction.
